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(57) ABSTRACT 

A method and system is provided for performing inbound 
call screening in a packet-based network, such as an H.323 
Voice over IP (VolP) network. The inbound gateways on the 
network are registered with inbound gatekeepers, and stan 
dard messages are used between an inbound gateway, an 
inbound gatekeeper and an inbound screening database to 
decide: whether an inbound call to a particular called 
number (DID) is to be allowed into the network; whether the 
called number should be translated into a different called 
number; and whether a routing index should be included in 
the called number to indicate the destination of the call. 
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SCREENING INBOUND CALLS IN A 
PACKET-BASED COMMUNICATIONS NETWORK 

CROSS-REFERENCE TO RELATED 
APPLICATION 

[0001] This application is a Continuation of US. patent 
application Ser. No. 09/843,787, ?led Apr. 30, 2001, entitled 
“Screening Inbound Calls in a Packet-Based Communica 
tions Network,” hand delivered to the US. Patent and 
Trademark Of?ce, Attorney Docket No. 74120-301406, by 
Harry Edward Mussman, John Joseph McCabe and Tanush 
ree Singh. 

TECHNICAL FIELD 

[0002] This invention relates to call routing and control in 
packet-based networks, and more particularly to call screen 
ing in a packet-based voice transmission system, for 
example, Voice over Internet Protocol (VoIP). 

BACKGROUND 

[0003] For many years, the Public Switched Telephone 
Network (PSTN) has provided a reliable mechanism for 
transmitting voice communications. However, the reliability 
of conventional telephone networks comes at high cost. 
Each established communication link in a conventional 
telephone network, reserves a bandwidth of 64 kbps for the 
duration, regardless of the bandwidth actually needed for the 
communications. A conventional telephone communication 
link uses a bandwidth of 64 kbps for all transmissions. 

[0004] In contrast, conventional data communication net 
works are packet-based with no guarantee of reliability. In 
such a network, bandwidth is available on a ?rst-come, 
?rst-serve basis. In a conventional packet-based network, 
voice communications may be broken into multiple packets. 
Packets are transmitted and then reassembled at the desti 
nation. Because packets may be lost or may arrive out of 
sequence, the quality of voice communications may sulTer. 

[0005] In the last few years, efforts have been made to 
converge data, voice, and video communications in a single 
network. For example, the International Telecommunication 
Union Telecommunication Standardization Sector (ITU-T) 
released the H.323 speci?cation for transmitting audio, 
video, and data across an Internet Protocol (IP) network. 

SUMMARY 

[0006] A call screening database device is provided for use 
in a packet-based communication network (e.g., a Voice 
over IP network). The call screening database includes one 
or more communication devices providing access to a gate 
keeper. A memory device in the call screening database 
devices includes a screening database. A processor receives 
a request from the gatekeeper through a communication 
device and responds to the request by querying the screening 
database, determining a response to the received request, 
and sending the response to the gatekeeper. 

[0007] In some implementations of the call screening 
database device, the communication devices include a con 
nection to a packet-based network, for example, an Internet 
protocol (IP) network. The memory device may include 
random access memory (RAM) and/or a computer hard 
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drive. The screening database may be implemented using a 
?at ?le, relational, and/or object-oriented database. 

[0008] In some implementations, the received request 
includes a dialed number. A response to a received request 
includes determining whether the received request is per 
mitted and creating a response number using the dialed 
number and the received request. The response number may 
include a routing index and may be sent with the returned 
response. 

[0009] The details of one or more implementations are set 
forth in the accompanying drawings and the description 
below. Other features and advantages will be apparent from 
the description and drawings, and from the claims. 

DESCRIPTION OF DRAWINGS 

[0010] FIG. 1 is a block diagram of a hybrid communi 
cation network providing connectivity between a Public 
Switched Telephone Network (PSTN) and a packet-based 
network. 

[0011] FIG. 2 is a block diagram of an H.323 implemen 
tation of a hybrid communication network such as that 
shown in FIG. 1. 

[0012] FIG. 3 is a block diagram of a communication 
network illustrating direct inward dialing. 

[0013] FIG. 4 is a block diagram of an H.323 implemen 
tation of a hybrid communication network such as that 
shown in FIG. 1 that includes a screening database. 

[0014] FIG. 5 is a block diagram of a packet-based 
communication network utiliZing a screening database. 

[0015] FIG. 6 is a diagram ofan exemplary call sequence 
showing the interactions between various components in a 
packet-based communication network such as that shown in 
FIG. 5. 

[0016] FIG. 7 is a diagram ofan exemplary call sequence 
such as that shown in FIG. 6 showing an implementation 
providing direct translation of routing indexes without 
requiring additional queries. 

[0017] FIG. 8 is a diagram of an exemplary call sequence 
showing the use of a backup screening database. 

[0018] FIG. 9 is a ?owchart of the operation of call setup 
in a packet-based communication system utiliZing a screen 
ing database. 

[0019] FIG. 10 is a block diagram of a packet-based 
communication network utiliZing a screening database to 
complete calls to Session Initiation Protocol (SIP) end 
points. 
[0020] FIG. 11 is a diagram of an exemplary call sequence 
showing a call screening system supporting SIP endpoints. 

DETAILED DESCRIPTION 

[0021] Voice over Internet Protocol (VoIP) networks pro 
vide one mechanism to transmit voice communication over 
packet-based networks. The International Telecommunica 
tions Union Telecommunication Standardization Sector 
(ITU-T) has published the H.323 standard for implementing 
VoIP systems. VoIP networks may be integrated with the 
Public Switched Telephone Network (PSTN) to provide 
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connectivity between VoIP terminals and traditional tele 
phones connected to the PSTN. 

[0022] Referring to FIG. 1, terminals 1010 and 1020 
connect to PSTN 1030 through a communication link, for 
example, one or more Wires, a Wireless link, and/or a ?ber 
optic cable. Terminals 1010 and 1020 may transmit data 
across the communication link using analog or digital sig 
nals. Generally, a terminal is connected to the PSTN 1030 
through analog, Integrated Services Digital NetWork 
(ISDN), or through a T1 carrier. 

[0023] Packet netWork 1040 connects to PSTN 1030 
through gateWay 1050. Terminals 1060 and 1070 connect to 
packet netWork 1040 using any netWorking technology, for 
example, Ethernet, Asynchronous Transfer Mode (ATM), 
Wireless netWork connection, and/or modem. Terminals 
1060 and 1070 may be implemented using any device 
capable of sending and receiving audio, for example, as 
telephones, computers, personal digital assistant (PDA), 
laptop computer, and/or cellular phone. 

[0024] The con?guration shoWn in FIG. 1 permits voice 
communication betWeen any of the terminals 1010, 1020, 
1060, and 1070. Thus, voice communication may be trans 
mitted from terminal 1010 to terminal 1060 across PSTN 
1030 through gateWay 1050 to packet netWork 1040. 

[0025] Referring to FIG. 2, an H.323 implementation of 
the netWork described in FIG. 1 includes a H.323 netWork 
2000 connected to PSTN 1030 through gateWay 1050. The 
H.323 network 2000 includes terminals 1060 and 1070, 
Packet NetWork 1040, and gateWay 1050 as described above 
With reference to FIG. 1. In addition, H.323 netWork 2000 
includes gatekeeper 2010. The H.323 standard de?nes call 
signaling and control, multimedia transport and control, and 
bandWidth control for point-to-point and multipoint confer 
ences. 

[0026] Gatekeeper 2010 provides pre-call and call-level 
control services to H.323 terminals. For example, one imple 
mentation of gatekeeper 2010 provides the folloWing ser 
vices: (1) address translation to resolve endpoint Internet 
Protocol (IP) addresses from aliases or standard phone 
numbers; (2) admissions control to restrict access to termi 
nals or gateWays; 3) bandWidth control to manage endpoint 
bandWidth requirements; (4) Zone management capabilities 
for terminals, gateWays, and other devices Within a H.323 
Zone; and (5) call management capabilities, for example, 
maintaining a list of active calls so that the gatekeeper can 
determine if a terminal or endpoint is busy. 

[0027] Referring to FIG. 3, direct inWard dialing (DID) 
provides a mechanism to translate a dialed number to 
another number. Initially, DID alloWed callers on an external 
communications netWork to dial a telephone number that 
Would in turn connect to a local extension Within another 
communications netWork. For example, a caller dialing 
“202-555-1234” from terminal 3010 may have a call routed 
across PSTN 3020 to private branch exchange (PBX) 3030. 
In this example PBX 3030 translates all dialed telephone 
numbers from incoming calls to “55xx” Where “xx” repre 
sents the last tWo digits of the dialed number. Thus, the 
dialed number is translated to local extension “5534” by 
PBX 3030. The call is completed to terminal 3040 corre 
sponding to extension 5534. 

[0028] Some DID implementations provide for the trans 
lation of dialed numbers to extensions that are not local to 
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PBX 3030. For example, DID may translate “202-555 
1234” to “617-555-1234” Which in turn could be routed 
across private netWork 3050 to a terminal (e.g., terminal 
3060) or across PSTN 3020 to a terminal (e.g., terminal 
3070). Various DID implementations provide arbitrary 
translation of dialed numbers to either local or external 
extensions. 

[0029] In a VoIP context, the PBX functionality described 
above may be implemented by a gatekeeper such as that 
described above With reference to FIG. 2. In a VoIP system, 
call screening may also be used to select the appropriate 
routing index (sometimes referred to as a technology pre?x 
or a tech pre?x) to distinguish betWeen various gateWays 
having speci?c capabilities Within a given VoIP Zone. For 
example, a routing index may be used to designate a 
capability such as a facsimile transmission, video confer 
encing, or data communications. Routing indexes are often 
represented by a string of digits ending in a “#” sign. For 
example, “12#” may represent a facsimile transmission. 
Thus, a DID may be used to translate a dialed number, such 
as “202-555-1234”, to local extension, such as “5534”, and 
to translate another dialed number, such as “202-556-1234”, 
to the same local extension through a gateWay With facsimile 
transmission capabilities by adding a routing index, such as 
“12#5534”. 

[0030] The routing index may also be used to indicate a 
particular gatekeeper to be used to complete a call. For 
example, a dialed number “202-555-1234” may be trans 
lated to “4#202-555-1234” indicating that a particular gate 
keeper servicing a customer corresponding to the dialed 
number Will be used to complete a call. 

[0031] The demands of gatekeeper 2010 groW as the 
number of DID translations increases. Additionally, the 
management complexity increases as the number of gate 
keepers increases. It may be advantageous to manage a 
single call screening databases that may be queried by 
various gatekeepers. 

[0032] Referring to FIG. 4, a VoIP communication net 
Work such as that described With reference to FIG. 2 may be 
used to implement a screening database 4010. In this 
example, gatekeeper 2010 may query the screening database 
4010 to perform call screening. Call screening alloWs gate 
keeper 2010 to decide: (1) Whether an inbound call to a 
particular called number (DID) is to be alloWed into the 
netWork; (2) Whether the called number should be translated 
into a different called number; and (3) Whether a routing 
index should be included in the called number to indicate the 
destination of the call. In the case of a small netWork, this 
can often be done Within the inbound gateWay, using con 
?guration data stored Within the gateWay. In a large netWork 
With many called numbers (DID translations), the siZe of the 
con?guration data may be limited by gateWay resources. 
Therefore, in a large netWork, it may be advantageous to 
implement call screening using a centraliZed database that 
may be queried using standard netWork messages Without 
requiring special proprietary messages. 

[0033] Additionally, it may be advantageous to increase 
communication netWork redundancy to decrease the likeli 
hood of doWntime resulting from an outage of screening 
database 4010. One mechanism that may be used is to 
provide one or more backup screening databases 4020. 
Screening database 4010 and backup screening databases 
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4020 reside on one or more machines, for example, com 
puter or network devices. In some implementations, the 
screening database 4010 and backup screening databases 
4020 may reside on a gateway or gatekeeper device. Gate 
keeper 2010 may be con?gured to query backup screening 
database 4020 if screening database 4010 is not able to 
respond. Additionally, load may be distributed and balanced 
in any conventional manner (i.e., round robin, random, least 
load). 
[0034] Referring to FIG. 5, a packet-based communica 
tion netWork includes a call screening database facilitating 
call screening functionality such as that described above 
With reference to FIG. 4. In this implementation, any 
terminal (e.g., terminal 5001) may connect through a com 
munication netWork (e.g., competitive location exchange 
carrier (CLEC) 5010). This implementation is merely given 
as an example, calls may originate from any other devices 
including, but not limited to, a computer, a cellular phone, 
and/or a landline phone. Additionally, calls may be routed 
through any communications netWork including, but not 
limited to, a CLEC (such as CLEC 5010), a local area 
netWork (LAN), a Wide area netWork (WAN), a Wireless 
netWork, a cellular netWork, a public sWitched telephone 
netWork (PSTN), and/or a cable netWork. 

[0035] An incoming call is initiated through inbound 
gateWay 5020. Inbound gatekeeper 5030 provides pre-call 
and call-level control services in a packet-based communi 
cation netWork such as an H.323 netWork. Information 
pertaining to call screening such as direct inWard dialing 
(DID) translations may be made using primary screening 
database 5040. Some implementations may include one or 
more backup screening databases 5050 to provide redun 
dancy and/or load distribution. 

[0036] After call screening services have been performed, 
the call may be completed through an appropriate outbound 
gateWay 5070 using outbound gatekeeper 5060. The call 
may be terminated to any device, such as, application server 
5080, a telephone, a computer, a cellular phone, and a 
videoconferencing unit. Application server 5080 provides an 
interactive voice response (IVR) system to provide auto 
mated information delivery and/or call routing. Calls may be 
terminated to any other communication device including but 
not limited to a telephone, a cellular phone, a personal digital 
assistant (PDA), a computer, and/or a videoconferencing 
unit. 

[0037] FIG. 5 illustrates exemplary netWork connections 
betWeen devices to emphasiZe some of the possible inter 
actions that may occur. In operation, the gateWay machines 
(i.e., inbound gateWay 5020 and outbound gateWay 5070) 
include netWork interfaces that may be connection to mul 
tiple communication netWorks. Any netWork con?guration 
may be used so long as the devices are able to communicate 
as described beloW. For example, primary screening data 
base 5040, backup screening database 5050, inbound gate 
keeper 5030, and inbound gateWay 5020 each may be 
connected to an Ethernet hub or sWitch. These devices may 
also reside on separate netWorks. 

[0038] FIG. 6 describes an exemplary call sequence that 
may occur in the netWork described above With reference to 
FIG. 5. CLEC 5010 sends a setup message to inbound 
gateWay 5020. In some implementations, this message is a 
Q.93l setup message. The setup message is received by 
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inbound gateWay 5020. If inbound gateWay 5020 does not 
knoW Where to route the call, it applies a routing index that 
instructs inbound gatekeeper 5030 to send a location request 
(LRQ) message to the screening database. Inbound gateWay 
5020 does this by sending an admission request (ARQ) 
message to inbound gatekeeper 5030. The inbound gate 
keeper 5030 receives the request and performs a query of the 
call screening database. If the call screening database is not 
local to inbound gatekeeper 5030 or if an additional external 
call screening database is provided, inbound gatekeeper 
5030 sends a location request (LRQ) message to the primary 
screening database 5040. The LRQ message contains at least 
an identi?cation of the number dialed for lookup in the 
primary screening database 5040. 

[0039] When a screening database 5040 or 5050 receives 
a LRQ message, it checks the called number, Which may be 
transmitted using the Dialed Number Identi?cation Service 
(DNIS), and decides Whether the inbound call to the par 
ticular called number (DID) is to be alloWed into the 
netWork; Whether the called number should be translated 
into a different called number; and Whether a routing index 
should be included in the called number to indicate the 
destination of the call. 

[0040] The primary screening database 5040 receives the 
LRQ message, performs a database lookup, and returns a 
result. If the call is alloWed, the primary screening database 
5040 returns a location con?rm (LCF) message; if the 
number is to be translated, it changes the called number to 
the translated number; it includes the appropriate routing 
index to indicate the destination of the call, such as an 
application server; and it sets the returned IP address to Zero 
to indicate to the inbound gateWay that it is to substitute the 
neW called number and index, for the original number and 
index, and start the call offer again. The inbound gatekeeper 
can then use the neW index to get the IP address of the 
destination, typically a server; this is done With the LRQ and 
the returned LCF message. When the inbound gatekeeper 
5030 returns this IP address to the inbound gateWay using 
ACF message, it uses the neW called number in the setup 
message to the outbound gateWay 5070. 

[0041] For example, in the implementation described 
above, the dialed number “202-555-1234” is translated to 
local extension “5534”. The translated number (i.e., “5534”) 
is returned in the LCF message. If the primary screening 
database 5040 determines that the call cannot be completed, 
it returns a location reject (LRJ) message. Alternately, it may 
return a routing index that Will be used to route the call to 
an announcement before terminating the call. LR] messages 
may be sent When external calls to a speci?c DID are not 
alloWed. 

[0042] If inbound gatekeeper 5030 receives a LR] mes 
sage back from primary screening database 5040, then 
inbound gatekeeper 5030 sends a corresponding admission 
reject (ARJ) message to inbound gateWay 5020. If inbound 
gatekeeper 5030 receives a LCF message from primary 
screening database 5040, then inbound gatekeeper 5040 
sends an admission con?rm (ACF) message to inbound 
gateWay 5020. The ACF message may contain all of the 
information in the LCF message, for example, the translated 
dialed number may be included in the ACF message. 

[0043] Once inbound gateWay 5020 has received an ACF 
message, the call setup continues. For example, inbound 
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gateway 5020 may send another admission request (ARQ) 
message to inbound gatekeeper 5030 With the translated 
dialed number. When the inbound gateway receives an ACF 
message With the IP address equal to Zero, it knoWs that it 
should replace the original called number With the translated 
called number, and the neW index. Then, it can start the call 
again, and send a query to the inbound gatekeeper With the 
neW called number and the neW index. Then, inbound 
gatekeeper 5030 sends a location request (LRQ) message to 
outbound gatekeeper 5060. If the call is accepted, outbound 
gatekeeper 5060 returns a location con?rm (LCF) message 
to inbound gatekeeper 5030 and inbound gatekeeper 5030 
sends a corresponding admission con?rm (ACF) message to 
inbound gateWay 5020. 

[0044] Finally, call setup resumes With inbound gateWay 
5020 sending a call setup message to outbound gatekeeper 
5060. This message may be in accordance With the H.225 
call setup protocol. Outbound gatekeeper 5060 may then 
send an admission request (ARQ) message to outbound 
gateWay 5070. If outbound gateWay 5070 alloWs the call, an 
admission con?rm (ACF) message is sent from outbound 
gateWay 5070 to outbound gatekeeper 5060. Finally, out 
bound gateWay 5070 sends a call setup message to a 
destination terminal such as application server 5080. This 
call setup message may be in accordance With the Q.93l 
protocol. 

[0045] Some call screening implementations use an IP 
address of all Zeros to indicate that a call is to be restarted 
using the translated called number. The use of an IP address 
of all Zeros is arbitrary; additional implementations may 
choose an IP address such as 255.255.255.255 or may 
provide restart indication in other Ways, for example, restart 
messages may be indicated by modifying the gateWay 
protocols to explicitly support a restart ?ag. 

[0046] FIG. 7 describes an exemplary call sequence simi 
lar to that described above With reference to FIG. 6. In some 
implementations, an inbound gateWay 5020 receiving an 
ACF message containing a number With a routing index may 
be able to check its oWn database and translate the routing 
index directly into a netWork address, such as an Internet 
Protocol (IP) address, of the destination outbound gateWay 
5070. In this case, inbound gateWay 5020 sends a setup 
message directly to outbound gateWay 5070. 

[0047] The inbound screening database can be centraliZed 
in the netWork. A secondary database may be provided for 
redundancy, and sequential LRQs from the inbound gate 
keeper may be used to query the second database if no 
response is obtained from the ?rst database Within a certain 
time. That is, if the ?rst database fails to respond to an LRQ 
message, then a second LRQ message may be automatically 
sent to the secondary database. 

[0048] If the primary database becomes too busy in a large 
netWork, additional databases may be added, dedicated to 
serving only certain inbound gatekeepers. Thus, the inbound 
screening database does not place a limit in netWork scaling. 

[0049] FIG. 8 describes an exemplary call sequence simi 
lar to that described above With reference to FIG. 7. This call 
sequence describes one mechanism for implementing redun 
dancy using backup screening database 5050. The call 
sequence proceeds as described in FIG. 7; hoWever, no LCF 
message is received from primary screening database 5040. 
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After a predetermined period of time has expired, inbound 
gatekeeper 5030 sends another LRQ message to the next 
available screening database 5050. In this example, there are 
only tWo databases available; hoWever, any number of 
screening databases may be provided. The next available 
database may be determined using any load distribution 
technique such as those described above With reference to 
FIG. 4. After the ?rst LRQ message times out, inbound 
gatekeeper 5030 sends a second LRQ message to backup 
screening database 5050 Which responds With a location 
con?rm (LCF) message. The call setup then continues as 
described above With respect to FIGS. 6 and 7. 

[0050] Referring to FIG. 9, an endpoint device (e.g., 
telephone computer, and/or cellular phone) attempting to 
complete a call to another endpoint device sends a message 
to a gateWay initiating a call. The gateWay sends (9010) an 
admission request (ARQ) message to the associated gate 
keeper Which then queries (9020) a screening database to 
determine Whether an inbound call to a particular called 
number (DID) is to be alloWed into the netWork; Whether the 
called number should be translated into a different called 
number; and Whether a routing index should be included in 
the called number to indicate the destination of the call. 

[0051] If the call is not alloWed (9030), the screening 
database sends a location reject (LRJ) message to the 
gatekeeper (9040) and the gatekeeper sends an admission 
reject (ARJ) message to the gateWay (9050). 
[0052] If the call is alloWed (9030), the screening database 
sends a location con?rm (LCF) message (9060) to. the 
gatekeeper Which in turn sends an admission con?rm (ACF) 
message (9070) to the gateWay. The remaining call setup 
procedures are performed (9080) completing the call. 
[0053] Referring to FIG. 10, a packet-based communica 
tion netWork supporting Session Initiation Protocol (SIP) 
endpoints includes inbound gateWay 5020, inbound gate 
keeper 5030, primary screening database 5040, and backup 
screening database 5050 as discussed above With reference 
to FIG. 5. Calls to SIP endpoints may be completed through 
SIP Proxy Server 10001. FIG. 10 shoWs application server 
5080 as a SIP endpoint. In addition, any other communica 
tion device may be used as a SIP endpoint. SIP support may 
be provided in a hybrid packet-based communication net 
Work supporting multiple VoIP formats including but not 
limited to SIP and H.323. 

[0054] Referring to FIG. 11, calls are completed to SIP 
endpoints using a call sequence similar to that described 
With reference to FIG. 7. Call screening is performed the 
same as described above. If the called endpoint is deter 
mined to be a SIP endpoint, then a SIP call completion 
protocol is used instead of an H.323-related protocol. The 
call screening may indicate that a call is to be completed to 
a SIP endpoint by specifying a particular routing index. For 
example, inbound gateWay 5020 may be con?gured to route 
all calls With a particular routing pre?x to SIP proxy server 
10001. Then, inbound gateWay 5020 sends an invite mes 
sage to SIP proxy server 10001, Which in turn sends an invite 
message to application server 5080. The application server 
5080 returns an “OK” message to the SIP Proxy Server 
10001 and then inbound gateWay 5020 sends an acknoWl 
edge message through SIP proxy server 10001 to application 
server 5080. 

[0055] A number of implementations have been described. 
Nevertheless, it Will be understood that various modi?ca 
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tions may be made without departing from the spirit and 
scope of the invention. Accordingly, other implementations 
are within the scope of the following claims. 

What is claimed is: 
1. A method for routing a call in a packet-based network 

comprising: 
receiving a call setup message in the packet-based net 

work, wherein the call setup message comprises a 
request to setup a call to an endpoint connected to the 
packet-based network, wherein the request to setup the 
call speci?es a called number; 

sending a request to a call screening database to determine 
how to handle the call setup message; 

receiving one or more responses from the call screening 
database, wherein the one or more responses comprises 
one or more of (i) a message indicating that the call 
should be allowed on the packet-based network, (ii) a 
translated number based on the called number, (iii) a 
routing index that indicates a destination of the call, and 
(iv) an indication to setup the call using the translated 
number and the routing index; and 

setting up the requested call based on the response from 
the call screening database if the one or more responses 
indicates that the call should be allowed on the packet 
based network. 

2. The method as recited in claim 1 wherein receiving a 
call setup message comprises receiving a Q.93l call setup 
message. 

3. The method as recited in claim 1 further comprising 
choosing the call screening database from a plurality of call 
screening databases. 

4. The method as recited in claim 3 wherein choosing the 
call screening database comprises determining whether one 
of the plurality of call screening databases is a local call 
screening database. 

5. The method as recited in claim 3 wherein choosing the 
call screening database comprises choosing between a pri 
mary call screening database and a secondary call screening 
database. 

6. The method as recited in claim 1 further comprising the 
call screening database processing the request to set up the 
call, wherein the processing comprises one or more of (i) 
determining whether the call is to be allowed on the packet 
based network, (ii) determining whether the called number 
should be translated, and (iii) determining whether a routing 
index should be included in the called number. 

7. The method as recited in claim 1 wherein sending a 
request to the call screening database comprises sending a 
location request (LRQ) message to the call screening data 
base. 

8. The method as recited in claim 1 further comprising, 
within the packet-based network, restarting the requested 
call using the translated number and the routing index. 

9. The method as recited in claim 1 wherein the translated 
number comprises a local extension. 
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10. A system for routing calls through a packet-based 
network, the system comprising: 

an inbound gateway operable to receive a request to set up 
a call to an endpoint coupled to the network, wherein 
the request speci?es a called number associated with 
the endpoint; 

an inbound gatekeeper operable to determine whether the 
requested call should be allowed on the network, and if 
the requested call should be allowed on the network, 
further operable to generate a translated number based 
on the called number and a routing index, and notify the 
gateway that the requested call should be set up using 
the translated number and the routing index. 

11. The system as recited in claim 10, wherein the 
inbound gatekeeper uses a call screening database to deter 
mine one or more of (i) whether the request call should be 
allowed on the network, (ii) whether the called number 
should be translated, and (iii) whether a routing index should 
be applied. 

12. The system as recited in claim 10, wherein the routing 
index designates one of a capability, a particular network 
device to complete the requested call, or an application 
server providing a network application. 

13. The system as recited in claim 12, wherein the 
capability is one of facsimile transmission, video conferenc 
ing, or data communications. 

14. The system as recited in claim 12, wherein the 
application server provides interactive voice response 
(IVR). 

15. The system as recited in claim 11 wherein the inbound 
gatekeeper is operable to select a ?rst call screening data 
base from a primary call screening database and a secondary 
call screening database. 

16. The system as recited in claim 15 wherein the gate 
keeper is operable to send a query message to the ?rst 
selected call screening database, and send another query 
message to the other call screening database if the ?rst 
selected call screening database does not respond within a 
predetermined time period. 

17. A computer-readable medium having computer-ex 
ecutable instructions, which, when executed, cause a com 
puting device coupled to a packet-based network to perform 
a process comprising: 

receiving a called number associated with a request to set 
up a call with an endpoint that is in communication 
with the packet-based network; 

selecting a ?rst call screening database from a plurality of 
call screening databases; 

querying the selected call screening database with the 
called number in order to screen the requested call; and 

based on a response from the queried call screening 
database, translating the called number into a translated 
number and applying a routing index to the translated 
number in order to set up the requested call. 

* * * * * 


